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METHOD AND APPARATUS FOR TRACKING THE MAGNITUDE OF 
CHANNEL INDUCED DlSTOf^TlON TO A TRANSMITTED SIGNAL 

This application is related to pending patent application 09/295,560 filed on April 
21, 1999 and entitled "Bandwidth Efficient QAM on a TDM-FDM System for 
5 Wireless Communications" which appllcatlbn Is Incorporated herein by reference. 

Field of the Invention 

The present invention relates to a receiver for an amplitude modulated signal and 
more particularly to tracl<ing the amplitude of an incoming signal and recovering 
the desired signal (amplitude) from distortion imposed by the transrnission 
10 channel by reconstructing the channel-induced amplitude distbrtibn. 

Background of the invisintibn 

Communication and tfelecdmmunlcatibn disvices use a variety of modulation 
techniques for transmitting irifbrmatlbh. Commonly employed techniques include 
frequency modulation (FM), phase shift Keying (PSK) and quadrature amplitude 
15 modulation (QAM). As the tierms imply, FM involves modulating the frequency of 
the carrier signal, PSK involves modulatirig the phase, and QAM, involves 
modulating both the phase and the amplitude of a carrier signail. 

A pen/asive problem in telecommuniG^tibhs the distortion irrtparted onto the 
signal during transmission and the nteed to recover, as acGuratefy as possible, 
20 the desired signal from the noise, attenuation and distortion imposed by the 
transmissitin channel. This problern is particularly severe with radio 
telecommunication devices such as two-way radios and cellular phones. 

Channel-induced distortions imposed upon the amplitude of the transmitted 
signal can be particularly difficult to compensate for. In a QAM system, the 
25 carrier signal will be modulated to two or niore discrete amplitudes. "For practical 
circuit design, these discrete amplitude levels cannot be greatly far from one 
another and hence the distortion imposed by the transmission channel can cause 
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errors on the receiving side when trying to determine at what amplitude level the 
signal was actually sent 

With differential QAM systems, the information in the signal is encoded in the 
difference in the amplitude of adjacent sample points (symbols) of the signal, 
5 rather than in the absolute amplitude of the synribols themselves. Differences In 
the amplitude of the received signal may be interpreted on the receiving side as 
differences in the amplitude of the trahsmittied signal, such as a jump from one 
ring of the QAM constfellatiiDn to the next, when in fact, the amplitude change was 
due to fading of the signal in the transmission channeL On the dfher hand, an 
1 0 intended jump fronn one ring of the constellation to another, might be lost due to 
channel fading causing the overall receiiVleid signal amplitude to remain 
unchanged (or in fact going in the opposite direction of the tmnsmitted amplitude 
change). 

One prior art approach to recovering sjghial amplitude is the iljse of pilot symbols 
15 in the transmitted signal- Thesie pilot synnbols are 6f a known cdhfiguration (i.e. 
known location in a frdftie) and known arriplitude (and phase). The receiver 
recognizes the pilot symbols and knows at what amplitude lev^l the pilot symbol 
was transmitted. Knowing the level at which the pilot syrribol was transmitted 
and knowing the amplitude of the a6tuail received symbol, it is a reliatively easy 
20 calculation to determine the distortion caused by the channel and to impose a 
compensation signal onto the received signal to remove the Channel effects from 
it Multiple pilot symbols need to be inserted into the transmitted signal 
periodically, as the channel effects are time variant. 

With mobile telecommuhicatlon devices, channel effects can change rapidly (for 
25 example with a cellular phone in a car traveling ait highway speeds). For this 
reason, pilot symbols must be insertied into the transmitted signal often. A 
shortcoming with the use bf pilot symbols is that the pilot syrhbols add to the 
"overhead" of the transmitted signal (i,e. the portion of the signal associated with 
synch and control, not associated with the actual information such as data or 
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voice information being transmitted). Pilot symbols, therefore, lower the useful 
bandwidth of the telecommunication system. 

A need exists in the prior art for a system in which the magnitude of an incoming 
amplitude-variant signal can be tracked, and channel distortions to the channel 
5 removed, without significantly decreasing this information carrying capacity, or 
bandwidth of the transmitted signal. 



Summary of the Invention 

The present invention provides for proGeSSing a received signal in order to more 
10 accurately decode the received signiarfor information content. The received 
signal has an iriformation content cbmpohent and a Ghannel^induced distortion 
component. The information cdhtsnt component is comprisied, at least in part, in 
variations in transmitted signal magnitudie. The information content component 
of the received signal is removed frdm the received signal by canceling 
15 magnitude variations in the received signal arising from the information content, 
in this way, the remaining signal's magnitude variations are those that result from 
channel-induced distortion. This recbnstructed channel-induced distortion can 
then be used to generate a eohnpensatidn factor that can be applied to the 
received signal to rernove the effects of the chahnel-induced distortion from it, 
20 thus allowing a rhore accurate decoding of the received signal. 

Description df the Drawirigs 

Figure 1 lis a blocl< diagram df a digital receiver system In which embodiments of 
the current invention may employed. 

25 Figure 2 Is a block diagram of a first preferred magnitude traclcer- 

Figure 3a illustrates an "idealized" incoming magnitude signal. 

3 
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Figure 3b illustrates a non-idealized ihcomlng magnitude signal showing channel- 
induced fading. 

Figure 4 illustrates the results of applying a normalized magnitude signal to a 
median filter. 

5 Fig. 5 illustrates a reconstructed channel-Induced magnitude signal resulting from 
a preferred embodiment maghllude tracker. 



Description of Preferred Embodiments 

For fllustrsation, preferred embodiments of the invention are described in the 
10 context of a two-way radio system using ftvo-ririg dittferential QAM modulation for 
signal encoding. The teachings of the prfesfeht inveintion would apply as well, 
however, to Wireline transmission devices (e.g., the public telephone network), 
and to other modulation schemes such as three^ring QAM, phase shift keying 
(PSK), differential phase shift keying (DPSK), frequency shift keying (FSK) and 
15 the like. 

As is known in the art, QAM modulation techniques involve coding a complex 
signal by shifting both the maignltude and the phase of the signal. In the 
preferred embodiment, a sixteen pbint. two ring constellation is employed, 
meaning that each coded symbol (consisting of four bits) will have one of two 
20 possible magnitude values. Symbols on the inner ring of the constellation have a 
first magnitude (amplitude) and symbols on the outer ring have a second, larger 
magnitude. Several possible phase shifts are also represented in the QAM 
constellatibn, but the phase coding arid decoding of the QAM signals is not 
necessary for an understanding of the present invention, 

25 A first preferred embodiment digitail receiver 100 employing the present invention 
is shown In Fig. 1. An incoming signal is received at antenna 102 and down 
converted from RF to baseband frequency in down converter 104. The signal is 
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then converted to a digital signal in A/D converter 106. As will be apparent to 
those versed in the art, accurate selectibh of the proper sampling points for 
analog to digital conversion Is important for further processing of the incoming 
signal. The timing and sampling points for A/D 106 is determined from clocking 
5 and synch signals contained within the incoming signal. 

The digital signal, which consists of a series of digital values, or sample points. Is 
passed to digital filter 108, where the Inconiing digital signal is pulse shaped and 
bandwidth limited. Each df these sartipIiB points corresponds tb a symbol of the 
QAM constellation that Was transmitted. In the preferred embodiments, digital 

10 filter 108 is a Nyquist filteir, as described in niore detail in co^pending application 
09/295,660. the filtered signal is then fed to QAM demodulator 112, The filtered 
signal is also fed to magnitude tracker 1 10, where the effects of channel-induced 
distortion to the magnitude of the incoming signal are re-coristructed and an error 
correction factor signal is dferiVfed. From magnitude tracker 1 10, the error 

15 correction factor signal iniformatibn is passed to QAM demodulator 1 12, Where 
the inforrnation contained within the ihcbnriihg sl^^^ QAM 
demodulator 112 uses the infoiTTiatlbn about the channel-induced magnitude 
distortion, derived in magnitude tracker 110. to more accurately determine 
whether this transmitted signal contained ah Intentibnal change in magnitude, as. 

20 will be explained in more detlaiil beldW. The demodulated signal Is then passed to 
decoder / error correction bibtk 1 14 where Viterbi de-eodihg, redundancy de- 
coding and other decoding is performed, before being passed to a voice or data 
application. I n the case of -a viGjfce al3'0 the slQnial itiiay m passed through 

a D/A converter before being passed to an l/b device, such as a speaker (not 

25 shown). It will be apparent to one sKilled in the art that many features and 

components of a digital receiver 100 not necessary for an understanding of the 
invention are omitted from Fig. 1 for the sake of clarity. 

Further details regarding magnltudiB tracker 110 Will now be provided with 
reference to Fig. 2. The incbitiing signal to the rieceiver is a cbmpilex signal, 
30 which can be broken into two quadrature components, corhmonly referred to as 
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the I (in-phase) and Q (quadrature) compdnehts of the complex signal. Both the 
I and Q components are sampled and filtered separatiely, as indicated by the 
separate I and Q signal paths of Fig, 1 . Preferably, the components are sampled 
at a 4kHz sampling rate (synchronized to the symbol clock ratie of the incoming 
5 signal). 

. In the preferred embodiment, the incbrtiing signal Is time multiplexed and has 
multiple voice frames per time slot. Preferably, the incoming signal has three 10 
ms voice (or data) frames per time slot Hence, each frame will have 40 sample 
points at the 4 kHz sampling rate. The following discussion applies to each time 
1 0 frame of the incoming signal. 

As discussed above, the purpose of the magnitude tracker, also known as a fade 
estimator, is to provide for each syrribtjl. a scale factor or error correction factor 
that may be used to compensate for variations induced by multipath, blockage, 
lobe effects or other channel-induced distertlons on the magnitude of the symbol- 

15 The inputs to magnitude tracker 110 are the magnitudes of the quadrature I and 
Q pair. fnDm which the magnitude of the signal is derived from the square root of 
the sum of the squares of the I and Q cdmponents, i.e. V{l^ + ). as shown in 
block 202, 

Figure 3a represents an "idealized" magnitude signal derived from block 202 in 
20 which no fading is present. Note that e^ery data point or symbol, 302, 304. 306, 
etc. is at either one of tWo magnitude values, corresponding to the values of the 
two rings oh the QAM coristellatibh. 

By contrast. Figure 3b illustrates a ndn-idieal magnitudie signal wherein fading 
from channel induced distortion is shown. Note that the symbols' magnitudes 
25 have varied from the ideal, With some symbols being less than the Idea!" lower 
value, some symbols being above the "idealized" upper value, and some 
symbols being intermediate the upper and lower values. These channel effects 
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cause unintended modulatjon of the magnitude of the signal which may result in 
errors in the QAM demodulation process. 

The magnitude tracker 110 estimates the underlying variation In the signal 
magnitude in order to offset or compensate for such unintended modulation 
5 Briefly, the function of the magnitude tracker 110 can be broken down into three 
main functional parts: (1) estimation of the mid-ring magnitude; (2) normalization 
of the magnitude to the inner ring value; and (3) filtering of the ndrrhaliied value. 
These functions are described in more deitail below. 

Estimation of Mid-Ring Magnitude 

10 The magnitude signal derived from block 202, consists of an an'ay of magnitude 
values and is denoted by signal M in Fig. 2. Note that, as illustrated in Fig. 3b 
and discussed above, this magnitude signal contains an information content 
component (i.e. the ''intended" or transmitted signal) and a channel-induced 
distortion component (i.e. the unintended modulation of the magnitude arising 

15 from channel effects and fading) Signal M Is fed through finite impulse response 
(FJ.R.) or rectangular filter 204. Rectangular filter 204 operates on the incoming 
magnitude signal and provides a "moving" or "localized" average of the 
magnitude signal M, as follows. 

A window, of width n, is slid forward through the array of magnitude values. The 
20 average of the magnitude in the window is calculated for k = 0, 1 , 2 ... (number 
of symbols = n) as: 

average = ^Mik I n • 

where: M = magnitude of the I, Q pair as calculated in block 202. 

25 Further filtering, and the elimination of the n-1 symbol time lag induced from the 
first sliding window filter is accomplished by sliding a second window backwards 

7 
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through the array of results from the first pass through filter 204. In other words, 
the incoming magnitude signal M is fed fonA/ards through filter 204 and the 
results are then fed backwards through the filter. Curve 320 of Fig. 3 illustrates 
the results of feeding signal M (curve 310) fonvards and backwards through the 
5 sliding window average filter 204. 

In the preferred embodiments, n = 4, although such specifics of the filter 204 Is a 
matter of design choice, primarily depending on the channel distortion bandwidth. 
An averaging filter that averages too many pbihts (I.e. a large n) srnooths out the 
channel distortion effects that are sought to be rfebovered by fade estimator 110. 
10 Conversely, a filter that averages too few pointis, allows noise to pass through the 
filter, rhaking the channel effects magnitude reconstruction noise driven, rather 
than driven by the distortion irnposed by the channel. 

Normalization of Magnitude to Inner Ring 

Curve 320 represents the "mid-ring" magnitude for the incoming signal M. This 
15 mid-ring value is then used to normalize the symbols to the lower ring value. For 
each symbol, the magnitude is compared to the mid-ring value. With reference 
to Fig. 3b, each point 302, 304, 306 . . . of the magnitude signal M (curve 310) is 
compared to the corresponding point 303. 305, 307 . . . on the mid^rihg value 
signal of curve 320. Magnitudes above the rhid-rihg magnitude are normalized to 
20 the inner ring. Magnitudes lower thari the mid-ring reference are assumed to be 
inner ring values and hence are not modified. Further details of this function are 
provided below. 

As shown by comparator / normalizer block 206, each symbol of magnitude 
Signal M is compared to the corresponding mid-^ring magnitude calculated in 
25 block 204. Each point on the magnitude signal 310 that is above (magnitude 
greater than) the corresponding point of the average curve 320 Is considered to 
have been transmitted on the upper ring of the QAM constellation. Each point on 
the magnitude signal 310 that Is below its corresponding point on the average 

8 
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curve 320 is considered to have been transmitted on the lower ring of the QAM 
constellation. 

It is desirable to remove the component of magnitude signal M associated with 
the transmitted data, i.e. the information component of signal M in order to re- 
5 construct the channel-Induced component of the signal. As will become apparent 
below, once the channel-induced componerit of magnitude signal M has been 
reconstnjcted, or isolated, it is then possible to derive a compensation factor to 
apply to the incoming signal In order to remove or at least minimize the effects of 
the channel-Induced distortion. 

The information component of signal M Is canceled by normalizing all the 
incoming data points to the value of the tower ring of the QAM cohstellation. This 
normalization is accomplished by dividing each upper ring point (i.e. each point 
above the average curvie) by the ring ratio. The ring ratio is defined as the ratio 
of the value of the upper ring on the dAM constellation to tha lOvver ring. In the 
preferred embodiment, the ring ratio '\s 1 .8. 

As an example, two sample points on magnitude signal 310 are seliscted for 
further discussion. Point 302 represents a sample point of magnitude signal M 
that is of a greater magnitude than the cori-esponding point 303 of the average 
curve 320 (the results of filler 204). In order to nonnalize point 302 to the lower 
ring, the value for this point is divided by the ring ratio (e.g. 1 .8) in comparator / 
nontializer block 206. By conti'ast, point 3042, being of a magnitude less than 
the corresponding average point 305. is preisurhably on the lower ring of the 
QAM constellation, and hence this point does not need to be normalized. 

In alternative embodiments, other nontialization techniques could be employed, 
25 For instance, the curve could be normalized to the upper ring by multiplying by 
the ring ratio those points on the magnitude curve that lie below (lesser 
magnitude than) the average curve. Alternatively, magnitude points could be 
normalized to some other value. One such alternative approach would be to 
normalize all the magnitude points to a value representing the average between 
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the upper and lower rings. Other variations for normalizing the information 
content portion of the magnitude signal M will be apparent to one skilled in the 
art, provided the results of the normalizing st6p is such that variations In the 
magnitude signal M arising from the transmitted signal are effectively canceled. 
5 The resulting output will be a signal Mn for which variations in the magnitude 
arise primarily from channel-induced distortion such as fading. 

Filtering of Normalized Magnitude 

Once the normalized magnitude data has been detennined, the output from filter 
204 can be disregarded. All subsequent proGessIng involves the normalized 
1 0 magnitude signal Mm output from comparator / normalizer 206. 

The final step in the fade- estimation process Is to pass the normalized 
magnitudes through two additional filtieririg states. The first stage is a median 
filter applied to remove "outliers," i.e. symbols on the upper ring that might not 
have been normalized in comparator / normalizer block 206. The second stage 
15 is a set of first-order, low-pass filters. These stages are discuss&d in more detail 
in the following paragraphs. 

Under certain conditions, channel effects can cause the magnitude signal to 
attenuate so much that d value on the upper ring can "appear" to comparator/ 
normalizer 206 to be a lower ring value. In other words, the point will have a 

20 value of less than the corresponding point on average curve 304 even though the 
point is actually an upper ring value. Data point 308 of signal 310 illustrates such 
a situation where the symbol that was transmitted on the upper ring (compare 
point 308 of Fig. 3a) falls below the mid-ring magnitude when received. This can 
occur, for instance, as a result of Raleigh fading. Failing to recognize such a 

25 point will result in inaccuracy in the re-^constructed channel signal. To 

compensate for points of such extreme fading, the normalized miagnltude signal 
Mn output from connparator / normalizer 206 are fed to median filter 208. 
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Median filter 208 operates to smooth out "spikes" resulting from missed points, 
as discussed In the preceding paragraph. This is accomplished by applying a 
smoothing function to the Incoming signal Mn- In the first preferred embodiment, 
median filter 208 smoothes the incoming signal by taking the median value of a 
5 moving window of five data points. In other words, median filter 208 operates by 
taking the first set of five points on incoming signal Mn and ranking them In 
magnitude order. For five data poirits, the median point is the middle value In 
magnitude ranked order. Alternatively, an even number of data points, such as 
four, could be chosen and placed in rank order. With an even number of data 
10 points, the median value is found by interpblating between the middle two 

magnitude ranked points. Note that thiis median filter function Is different from the 
moving average function of filter 204. 

Because the signal has been subjected to the moving window median 
calculation, this has the effect of eliminating rapid (short-term) changes in the 
15 signal's magnitude (i.e. spikes). This further eliminates the remaining transmitted 
signal cornponent (i.e. the Information content) from the magnitude signal that 
might have not been eliminated in comparator / nor-malizer 206. Fig, 4 illustrates 
the output from median filter 208 as bold curve 340 and also illustrates the input 
to median filter 208 (i.e. the normalized signal Mn) for comparison. 

20 The rationale for the above described function is as follows. As the incoming 
signal enters a period of extreme fading, points on magnitude signal M that 
correspond to a transmitted point on the "upper ring" of the QAM constellation 
(i.e. the higher magnitude) might be so attenuated by channel-induced distortion, 
that the corresponding point on magnitude curve M falls below the moving 

25 average curve 304 calculated In filter 204. Because this low value point will not 
be treated as an upper ring value In comparatbf / normalizer 206 (I.e. will not be 
divided by the ring ratio of 2.29). it will appear as a high magnitude spike In 
normalized magnitude signal Mn. This spike in the magnitude value is 
attributable to the transmittad signal cdmponisht of the incoming magnitude 

30 signal, rather than due to the channel-induced distortion. By passing normalized 
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magnitude signal Mn through. median filter 208 and effectively filtering out such 
spikes, the infomnatlon content component of the signal is further eliminated. 

The output from median filter 208 is then fed to single pole low pass filter 210. 
This has the effect of smoothing out the discontinuities that result from median 
5 filter 208, i,e, of smoothing out the "corners" on the signal curve. The signal is 
fed through low pass filter 210 fonvards and backwards in order to minimize the 
effects of lag or lead resulting from the filter. 

Filter 210 is implemented as: 

10 y(i)=y(M)+wT(xo,-y(M)) 

where: i = symbol index; 

x(i) = filter input; 

y(i) = filter output ; 

w = 1 / filter time constant; and 

15 T = 1 / symbol rate. 

The resulting signal output from low pass filter 210 is an accurate reconstruction 
of the fading and other channel effects imposed on the originally transmitted 
signal by the transmission channeL From this reconstructed distortion signal, a 
bdmpensatieh fiaictbr can be dfeitefmiHMi ih drdlr tb fribfrie aeijiiritiiiy r^eori^trutit 
20 the transmitted signal and to decode the same. 

Using Reconstructed Channel Effects fbr Demodulation 

As explained above, the information contained in the magnitude of a differential 
QAM coded signal is contained not in the absolute magnitude of a given signal 
point (symbol), but rather in the relative difference between each two sample 
25 points (symbols). For instance, in the preferred embodiments, a ring change 
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between two adjacent symbols is decoded as a "1" and no ring change between 
adjacent symbols is decoded as a "0." For completeness, it must be mentioned 
that each QAM symbol in the prefen-ed embodiments represents four bits (i.e. 16 
point QAM), The remaining three bits are coded in the relative phase of adjacent 
5 symbols. Coding and decoding of the relative phase is outside the scope of the 
present invention. 

A brief discussion of differential QAM demodulation is first provided. The 
determination of whether the incoming signal represents a ring change is 
determined as follows, for two random points, Ai and its immediately preceding 
10 point Ao, In order to determine whether Ai has changed rings from Ao the relative 
difference in magnitude between them is detennined with comparison to the ring 
ratios (i.e. the ratio between the rings of the QAM constellation). 

In a preferred embodiment system in which the upper ring value is 1 .8 and the 
lower ring value is 1 , the ratio of the upper ring to the lower ring is 1 .8, and the 

15 ratio of the lower ring to itiself is. of course. 1. The average rihg ratio is therefor, 
1.4- This ring ratio average is referred to for convenience as "factor one" or Fi, 
The inverse of the ring ratio average (1/ Fi) is referred to a "factor two" for 
convenience or Fj. Each incoming sample point (symbol) of the incoming 
magnitude signal is compared to the value of the preceding sample point 

20 (symbol) according to the following comparisons: 

If Ai > Ao * Fi then a ring change has occurred (i.e. the outer bit of the symbol is 
decoded as "1"). This would be the case when Ai was on the upper ring and Ao 
was on the lower ring. . 

If Ai < Ao * F2 then a ring change has occurred (I.e. the outer bit of the symbol is 
25 decoded as "1"). This would be the case when Ai was on the lower ring and Ao 
was on the upper ring. 

Else, no ring change has occun-ed (i,e. the outer bit of the symbol is decoded as 

a "0"), 
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The above comparisons do not account for the fact that the differences in 
magnitude between points An and Ao of the received signal might be due to 
channel-distortion, as opposed to being due to the magnitude of the transmitted 
signaL In the preferred embodiments of the present invention, channel effects 
5 are factored In by deriving a compensation or correction factor from the 
reconstructed channel signal determined as described above. 

Figure 5 Illustrates the results of the magnitude tracker on a simulated signal. 
Three points on an exemplary output signal from magnitude tracker 110 are 
illustrated as Ai\ Aq' and Az - Note that these points are the re-constructed 

1 0 channel effects curve which is different from but corresponds to the incoming 
magnitude (signal M). Cun/e 510 represents the channel-induced distortion on 
the magnitude of the transmitted signal, as reconstructed by magnitude tracker 
110, The actual points to be denrlodulated Ai, Ao, Az . . . are on curve 310 of Fig. 
3b. For each point Ai, Aq, Aiz . . . of the actual magnitude signal M, however, 

15 there is a corresponding point Ai', Ao\ A2 . - . on the normalized magnitude data 
curve 510 (which Is the portion of the incoming signal due to channel-induced 
distortion). It is from the channel-induced distortion component that the 
compensating or correction factor to apply whien demodulating the actual 
magnitude signal M is derived. 

20 Taking point Ai, as an example, the correction factor for compensating for 

channel-induced distortion when demodulating point Ai would be calculated from 
points An', arid Ao' by taking the ratio df the magnitude of those two points, i.e. 
Ai' / Ao'. This ratio, teniried "efrbr feSfreBtion factor" or Fee cdrrerspohtiis to the 
change in the magnitude of the incoming signal that is due to channel-induced 

25 distortion. This error correction factor f=^Ec is then incorporated into the 
demodulation scheme described abovis as follows. 

If At > Ao * Fi * Fee then a ring change has occurred (i.e. the outer bit of the 
symbol is decoded as "1"). 
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If At < Ao * F:? ^ Fee then a ring change has occurred (I.e. the outer bit of the 
symbol is decoded as "1"). 

Else, no ring change has occurred (i.e. the outer bit of the symbol is decoded as 
a "0"). 

In this way. the effects that channel-induced distortion might otherwise have on 
the magnitude of the incoming symbols is removed by applying to the 
demodulation forniulae an error correction factor that eliminates the magnitude 
effects of the channel. In alternative embodiments, a "forward looking" rather 
than ^'backward looking" error cbrrection factor could be employed by using the 
ratio between A?' and Ai' (A2' / AV). Alternatively, the error correction factor 
could be derived from the two adjacent symbols to the symbol under 
consideration (A2' / Ao*)- Various dtftefr permutations will be apparent to one of 
skill in the art, the desire being that the error connection factor be determined from 
the magnitude ratio of the channel-induced distortion curve in the Immediate 
vicinity of the symbol being demodulated. 

The preferred embodiments of the present invention provide a distinct advantaige 
of adaptively calculating the threshold for determining whether a ring change has 
occurred. This adaptive determination is possible because the threshold is 
continuously modified by a dynamic correction factor (Fee) which is derived from 
the actual (reconstructed) channel dij^tortibn at the local point of the symbol(s) 
being demodulated. This adaptive threshold calculation allows for considerably 
rndre accaratfe decoding ef tfre symbdisi/eVeh under cbnditibrfi bt Ibw SNR. 

Note that symbol A/ is at a portion of the channel-induced distortion curve 502 
where the incoming signal is rapidly fading. The above teachings apply equally, 
however, to those portions of the incoming signal where the channel-induced 
distortions are causing a rapidly Increasing signal strength (i.e. the signal is 
coming out of a faded region). Symbol points A4', As\ Ae'. . . illustrate such a 
region. For corresponding symbol A5, an appropriate error correction factor to be 
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applied to the demodulation scheme would be Ae' / or some other permutation 
as discussed above. 

Another advantage of the preferred embodiments is that reconstructing the 
channel-induced distortion allows for easier detection of "at-risk" symbols, i.e. 
5 those symbols that are likely to be misinterpreted in demodulator 112. Areas 
where misinterpretation are likely to occur are symbols with a relatively low SNR 
and areas where the signal is rapidly entering or exiting from a fade. Point A2 
illustrates the former case and points A/' and Aa' illustrate the latter. By 
processing curve 502, at risk symbols can be readily identified and their identity 
10 passed on to soft decision Viterbi decoder 1 14. This accomplisihed by assigning 
a probability of error to the symbol by statistically analyzing the data. The 
estimated probability of symbol error is used the Viterbl folder as will be known to 
one skilled In the art, but is not necessary for an understanding of the present 
invention. 

15 The above teaching applies equally as well to systiems in which multiple sub- 
channels are transmitted on a single defined channel, such as are described in 
co-pending application 09/295.660, \A/ith such systems,. It is desirable to 
eliminate the effects of each adjacent sub-channel when demodulating a 
selected sub-channeL The above disscribed preferred embodiments allow the 

20 channel-induced distortion of each siub-chahnel to be identified, quantified and 
compensated for In order to eliminate or greatly reduce the interference beitwaein 
adjacent sub-channels. 

Note that many of the features and functions discussed above can be 
implemented in software running on a digital signal processor or microprocessor. 
25 or preferably a combination of the two. Ajtematively, dedicated circuits can be 
employed to realize the advantages of the above described preferred 
embodiment. The foregoing detailed description of preferred embodiments is 
intended by way of example only and Is not intended to limit the scope of the 
invention defined in the appended clairns. 
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We claim: 

1 . A method for decoding a transmitted signal comprising: 

a. receiving a signal, the signal comprisihg an Infonnation component and a 
channel-induced distortion component, the information component including 
magnitude variations; 

canceiling from the received signal the magnitude variations arising from the 
information component in order to reconstnjct the channel-Induced distortion 
component of the received signal; 

c. generating a correction factor from the reconstructed channel-induced distortion 
component of the received signal. 

2. The method of Claim 1 wherein the information component of the received signal is a 
series of QAM modulated symbols, each symbol having been transmitted at one of a 
plurality of predefined magnitudes, and wherein the canceling step is achieved by 
normalizing the syrhbols to a predefined reference level. 

3. The method of Claim 2 v\/herein the canceling step further comprises: 

deriving a ring ratio from the plurality of predetermined magnitudes; 

deftennining for each symbol a corresponding mid-ring magnitude value determined 
from the average of the magnitude of the symbol and n adjacent symbols; 

comparing each symbol to the corresponding mid-ring magnitude value; and 

for each symbol that has a magnitude that deviates in a pre-defined manner from the 
corresponding mid-ring magnitude value, dividing the magnitude of the symbol by the 
ring ratio . 

4. The method of Claim 3 wherein said pre-defined manner of deviation Is rriet when 
the symbol under consideration has a magnitude greater than the corresponding 
mid-ring magnitude value. 
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5. The method of Claim 3 wherein said pre-defined manner of deviation Is met when 
the symbol under consideration has a magnitude lesser than the corresponding mid- 
ring magnitude value. 

6. The method of Claim 4 or 5 wherein said plurality of predefined magnitudes 
5 comprises a first and second ring magnitude; and 

tha ring ratio is the ratio of the first arid second ring magnitudes. 

7. The method of Claim 3 wherein said pre-defined manner of deviation is met when 
the symbol under consideration has a rrtagnitude of lesser or greater than the 
corresponding mid-ring magnitude value, and wherein for those symbols having a 

0 magnitude greater than the corresponding mid-ring magnitude value, the ring ratio is 

defined as the ratio of a first pre-defined magnitude to the average of a first and 
second pre-defined magnitude, and for those symbols having a magnitude less than 
the con-esponding mid-ring magnitude VSIue. the ring ratio is defined as the ratio of a 
second pre-defined maghitudie to thef average of said first and second pre-defined 

5 magnitudes. 

B. The method of Claim 1 wherein said transirnitted signal comprises a radio frequency 
QAM modulated signal. 

9. A miethod for demodulating a received signal, the received signal comprising a signal 
modulatiBd on a QAM cdhstellation, wherein the amplitude of the QAM modulated 
0 signal has been distorted by channel effects, comprising; 

generating a magnitude signal from the square root of the sum of the squares of the I 
and Q components of the received signal; 

passinig the magnitude signal through a filter to generate a localized average signal 
comprising a moving average of every n points of the magnitude signal; 

5 comparing the magnitude signal to the localized average signal to identify those 
points on the magnitude signal that deviate from the localized average signal in a 
predefined way; 
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generating a normalized magnitude signal by operating on the identiHed points on 
the magnitude signai to normalize those points to a predefined reference level; 

passing the normalized magnitude signal through a low pass filter to filter out high 
frequency components of the signal to generate a reconstruction signal of the 
5 distortion caused by the channel effects. 

10. The method of Claim 9 further comprising: 

generating an error con-ection factor fi^om the ratio of the magnitude of localized 
points on the reconstruction signal; and 

using the error correction factor to adaptively determine the threshold for determining 
10 whether adjacent symbols on the received signal were transmitted on different rings 
of the QAM constellation. 

11. A method for detehtiining the rhagnitude of an incoming differential QAM signai, 
the QAM corlsteilation having an Inner ring and ah outer ring, wherein the ratio of the 
magnitude of the outer ring to the magnitude of the Inner ring is the ring ratio, 

15 comprising: 

sampling the magnitude signal of the incorriing signal at selected sampling points 
to generate a magnitude signal; 

applying the nlagnilude signal to a finite impulse response smoothing filter to 
produce a smoothed signal ; 

20 comparing the selected sampling points of the filtered signal with corresponding 

selected sampling points of the srtiodthed signal; 

for each selected sarhpling point of the magnitude signal that Is of greater 
magnitude than the corresponding selected sampling point of the smoothed 
signal, dividing the sampling point of the magnitude signal by the ring ratio, to 
25 produce a normalized signal; 

applying the normalized signal to a median filter; and 
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applying the results of the median filteir to a single pole low-pass smoothing filter 
to generate a channel effects signal. 

12- The method of Claim 1 1 wherein the ring ratio is 1.8, 

1 3. The method of Clairn 1 1 further comprising: 

5 deriving an error correction factor frolm the channel effects signal; and 

applying the error correction factor to compensate for channel-induced 
distortion when demodulating the incoming differential QAM signal. 

14. The method of Claim 13 wherein every point oh channel effects signal 
corresponds to a point on the incorninig differeritiial QAM signal and wherein the 

10 error correction factor is derived from the ratio of (i) the point on the channel 

effects signal corriesponding to the poifil on the Incoming differential QAM signal 
being demodulated, and (ii) the imrnediately preceding point on the channel 
effects signal. 

1 5. The method of Claim 1 3 wherein the error correction factor is derived from 
15 the ratio of (i) the point immediately sQccfeedIng the point on the channel effects 

signal corresponding to the point on the intoming differential QAM signal being 
demodulated* and (il) the point on the channel effects signal corresponding to the 
point on the incoming differenitlal QAM signal being demodulatied. 

16- The method of Claim 13 wherein the error correction factor is derived from 
20 the ratio of the point imrhedlMteiy sucee^eilftg arid the polrit immediately 

succeeding the point on the channel effects signal corresponding to the point on 
the incoming differential QAM signal being demodulated. 

1 7. A telecommunication receiver comprising: 

an antenna receiving RF signals; 

25 a down converting receiving the RF signal from the antenna and 

outputting a down converted baseband signal; 

20 
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an analog to digital converter receiving the baseband signal and outputting 
a digital baseband signal; 

a Nyquist filter coupled to the analog to digital converter receiving the 
digital baseband signal and outputting a wave shaped complex signal; 

5 a magnitude tracker coupled to the Nyquist filter receiving as input the 

wave shaped complex signal, wherein the complex signal comprises an 
in-phase component and a quadrature phase component, the magnitude 
tracker comprising 

a magnitude signal generator receiving as input the ih-phase and 
10 quadrature components of the complex signal and gensrating a magnitude 

signal therefrom; 

a moving average filteir receivihg the magnitude signal and 
generating therefrom a moving average signal; 

a comparator / normalizer receiving both the magnitude signal and 
15 the moving average signal and outputong a nonmalized magnitude signal; 

a smoothing filter receiving the normalized magnitude signal and 
generating therefrom a channel effects reconstruction signal; a 

a channel effects compensation factor generator receiving the 
channel effects reconstnjction signal and generating therefrom a channel 
20 effects compensation factor; 

a demodulator receiving the magnitude signal and the chanhel effects 
compensation factor and outputting a digital signal corresponding to the 
magnitude variations of the magnitude signal, wherein the threshold for 
determining magnitude variations in the magnitude signal is determined, at least 
25 in part, from the channel effects compensation factor. 
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1 8. The receiver of Claim 1 7 wherein said magnitude tracker comprises 
processes running on a digital signal processor. 

1 9. The receiver of Claim 1 7 wherein said magnitude tracker comprises 
processes running on a microprocessor. 

5 20, The receiver of Claim 17 wherein magnitude tracker is comprised of 
circuits formed on a digital signal processor. 
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